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1
END-FIRE ARRAY MICROPHONE
ARRANGEMENTS INSIDE A VEHICLE

FIELD OF THE INVENTION

The present disclosure relates generally to audio devices
and more specifically to optimal arrangements of micro-
phones and improved signal processing inside a vehicle.

BACKGROUND OF THE INVENTION

Nowadays telephones are commonly installed inside a
vehicle to allow the driver to initial or receive a phone call
without taking hands off the wheel. Such built-in telephones
rely on microphones to pick up voice signals in a high-noise
background where there are multiple noise sources in a
reverberant environment. This imposes high signal over
noise ratio enhancement (SNRE) performance requirements
on the audio device used in the built-in telephones inside a
vehicle.

In some cases, a driver may install their mobile phone on
the dash board to make or answer a phone call while keeping
hands on the wheel. When the driver initiates a call using
voice command, the phone is activated through voice rec-
ognition. In this voice recognition mode, the microphone
associated with the mobile phone must pick up the voice
command amid the noises and the signal processor must
separate the voice signal from the background noises. When
the driver engages in a phone call without a headset, the
microphone associated with the mobile phone must cancel
echoes that are inevitably generated in a reverberant envi-
ronment inside a vehicle. In this phone call mode, the
microphone and the signal processor should be configured
with noise reduction and echo cancellation functionalities.

Prior art audio systems are not ideally configured to
provide an effective hands-free audio application for use
inside a vehicle. The present application teaches various
embodiments that are especially suitable to use in a rela-
tively noisy and reverberant environment, such as, the
interior of a vehicle.

SUMMARY OF THE INVENTION

Accordingly, it is an objective of the present disclosure to
teach an audio system that is suitable for use inside a vehicle.

In some embodiments, an exemplary audio system com-
prises an array of one or more microphones in an end-fire
configuration. The microphone array is located on a charg-
ing device. The exemplary audio system further comprises a
dual-mode digital signal processor configured to operate in
an automatic speech recognition mode and a phone call
mode. In the exemplary audio system, each of the one or
more microphones generates an audio signal as an input to
the dual-mode digital signal processor. In some embodi-
ments, the charging device may be a USB charging cable.
The microphone array may be located on the head of the US
charging cable. For example, the microphone array may be
located on the same side of the USB head or both sides of
the USB head or a side-edge of the USB head.

In some embodiments of the exemplary audio system, the
digital signal processor comprises a beamforming module
configured to output two cardioid beams. In one embodi-
ment, the beamforming module is an adaptive noise cancel-
lation (ANC) beamforming module and the ANC beamform-
ing module generates a front-facing main beam and an
omni-directional reference beam. In one embodiment, the
beamforming module is a voice activity detection (VAD)
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2

beamforming module. The VAD beamforming module is
configured to generate a front facing beam and a back facing
beam.

In some embodiments, the dual-mode digital signal pro-
cessor comprises an adaptive noise cancellation module for
cancelling environmental noise. In some embodiments, the
digital signal processor is a dual-mode digital processor that
comprises a beamforming module and an adaptive noise
cancellation module. The digital signal processor may fur-
ther comprise a voice activity detection module for speech
recognition, an echo cancellation module for cancelling
echo noise, and/or a double-talk detector module for detect-
ing voice signals from one or more speakers and for remov-
ing or separating the detected voice signals from the total
signals collected by the end-fire microphone array.

In some embodiments of the exemplary audio system, the
audio system comprises an array of one or more micro-
phones in an end-fire configuration and a dual-mode digital
signal processor. The microphone array is located on an edge
of'a smartphone and is aligned along a line perpendicular to
the edge. Each microphone in the microphone array gener-
ates an audio signal as an input to the dual-mode digital
signal processor. The dual-mode digital signal processor is
configured to operate in an automatic speech recognition
mode and a phone call mode.

In some embodiments, the dual-mode digital signal pro-
cessor comprises a beamforming module configured to
output two cardioid beams. In one embodiment, the beam-
forming module generates a front-facing main beam and an
omni-directional reference beam for adaptive noise cancel-
lation purposes. In another embodiment, the beamforming
module generates a front-facing beam and a back-facing
beam for voice activity detection purposes. In some embodi-
ments, the dual-mode digital signal processor comprises an
adaptive noise cancellation module for cancelling environ-
mental noises. In some embodiments, the dual-mode digital
signal processor comprises an echo cancellation module for
cancelling echo. In one embodiment, the dual-mode digital
signal processor may comprise a beamforming module, an
adaptive noise cancellation module, and/or an echo cancel-
lation module. In some embodiments, the dual-mode digital
processor further comprises a double-talk detector module
for detecting voice signals from one or more speakers and
removing the detected voice signals from the total signals
collected by the end-fire microphone array.

In some embodiments, an exemplary audio system com-
prises an array of four or more microphones. At least two
microphones in the microphone array are arranged at one
end of a rear-view mirror in an end-fire configuration and at
least two microphones in the microphone array are arranged
at the other end of a rear-view mirror in an end-fire con-
figuration. The exemplary audio system further comprises a
dual-mode digital signal processor configured to operate in
an automatic speech recognition mode and a phone call
mode. In the exemplary audio system, each of the one or
more microphones generates an audio signal as an input to
the dual-mode digital signal processor. The dual-mode digi-
tal signal processor comprises a beamforming module con-
figured to output a front-facing main beam and an omni-
directional reference beam. In some embodiments, the dual-
mode audio processor further comprises an adaptive noise
cancellation module for cancelling environmental noise. The
dual-mode audio processor may further comprise a voice
activity detection module for speech recognition, an echo
cancellation module for cancelling echo, and/or a double-
talk detector module for detecting voice signals from one or
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more speakers and removing the detected voice signals from
the total signals collected by the end-fire microphone array.

In some embodiments, an exemplary audio system com-
prises an array of one or more microphones in an end-fire
configuration and a dual-mode digital signal processor. The
microphone array is located on an accessary device installed
inside a vehicle and is arranged in a forward-facing direction
of driver of the vehicle. Each microphone in the microphone
array generates an audio signal as an input to the dual-mode
digital signal processor. The accessory device can be a
phone holder, a dashboard camera, etc.

BRIEF DESCRIPTION OF THE DRAWINGS

These and other features of the present disclosure will
become readily apparent upon further review of the follow-
ing specification and drawings. In the drawings, like refer-
ence numerals designate corresponding parts throughout the
views. Moreover, components in the drawings are not nec-
essarily drawn to scale, the emphasis instead being placed
upon clearly illustrating the principles of the present disclo-
sure.

FIGS. 1A-1C show a first exemplary embodiment of an
end-fire array of microphones for use inside a vehicle.

FIG. 2 is a first exemplary embodiment of a digital signal
processor for an end-fire in-car microphone array.

FIG. 3 is a second exemplary embodiment of a digital
signal processor for an end-fire in-car microphone array.

FIG. 4 is an illustration of beamforming patterns when an
end-fire in-car microphone array is in a phone call mode.

FIG. 5 is an illustration of beamforming patterns when an
end-fire in-car microphone array is in an automatic speech
recognition mode.

FIG. 6 illustrates a second exemplary arrangement of an
end-fire in-car microphone array.

FIG. 7 illustrates a third exemplary arrangement of an
end-fire in-car microphone array.

FIG. 8 illustrates a fourth exemplary arrangement of an
end-fire in-car microphone array.

FIG. 9 illustrates a fifth exemplary arrangement of an
end-fire in-car microphone array.

DETAILED DESCRIPTION

Embodiments of the disclosure are described more fully
hereinafter with reference to the accompanying drawings, in
which preferred embodiments of the disclosure are shown.
The various embodiments of the disclosure may, however,
be embodied in many different forms and should not be
construed as limited to the embodiments set forth herein.
Rather, these embodiments are provided so that this disclo-
sure will be thorough and complete, and will fully convey
the scope of the disclosure to those skilled in the art.

In referring to FIGS. 1A-1C, an exemplary configuration
of an end-fire microphone array 100 is illustrated. As an
example, the microphone arrays 100 in FIGS. 1A-1C are
shown to comprise two microphones. In some embodiments,
the microphone array can include more than two micro-
phones. In certain configurations, the microphone array may
include just one microphone. In FIGS. 1A-1C, the two
microphones, 100 and 101, are located, respectively, on the
front and back side of the head 150 of a charging cable, for
example, a USB charging cable. FIG. 1A shows the front
side of the cable head 150 with the microphone 100. FIG. 1B
shows the back side of the cable head 150 with the micro-
phone 101 aligned with the microphone 100. FIG. 1C shows
a side view of the cable head 150.
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4

When the charging cable is plugged into a mobile phone
operating in a vehicle, the microphone array 100 along with
its associated digital signal processor provides enhanced
audio processing functionalities to the mobile phone. FIG. 2
and FIG. 3 illustrate two exemplary configurations of a
digital signal processor (DSP).

In FIG. 2, the digital signal processor 200 is configured to
provide optimal audio processing functionalities when the
microphone array 100 is in a phone call mode. When in a
phone call mode, the microphones, 204 and 206, pick up the
voice signals from the speaker 202 and the echo of the voice
signals of the speaker 202, in addition to the voice signals
from the human being engaged in the phone call. The voice
signals from the speaker 202 and the echo generated from
those voice signals are environmental noises and should be
removed from the voice signals collected from the human
being. In a reverberant environment such as the interior of
a car, the voice signals from the speaker 202 and the echo
become significant noise and should be removed from the
true voice signals.

In FIG. 2, the digital signal processor 200 includes a
plurality of modules 212-232. The double talk detector
module 212 is configured to sample audio signals that is fed
into the speaker 202 and is contemporaneous with the voice
signals collected by the microphones, 204 and 206, i.e., the
so-called double-talk signals. When double talking is
detected, the double talk detector module 212 activates the
echo cancellation module 214 and 216. The echo cancella-
tion modules 214 and 216 are configured to subtract the
audio signals of the speaker 202 from the microphone
signals. By doing so, the audio signals broadcasted from the
speaker 202 and the echo of such audio signals, both
collected by the microphones 204 and 206 as environment
noises, are cancelled from the microphone signals, resulting
in a clean signal that includes substantially the voice signal
of the human being engaged in the phone call.

In the embodiment shown in FIG. 2, the digital signal
processor 200 also includes two beamforming modules: the
beamforming module for active noise cancelling (ANC) 220
and the beamforming module for voice activity detection
(VAD) 218. The ANC beamforming module 220 generates
a front facing main beam and a omni reference beam that
both are fed into the noise cancellation module 222. The
VAD beamforming module 218 generates a front facing
beam and a back-facing beam, both of which are fed into the
VAD module 224. Illustration of the different beams can be
found in FIGS. 4 and 5. The signal output by the VAD
module 224 is also input into the noise cancellation module
222, which is configured to produce speech signal based on
the input signals from the ANC beamforming module 220
and the VAD module 224.

For better quality, additional modules can be added after
the noise cancellation module 222. For example, as shown
in FIG. 2, the noise cancellation module 222 is a dual-
channel adaptive noise cancellation module 222 and a single
channel noise reduction module 226 may be added to reduce
the noise level further. A non-linear processing module 230
that further improves the audio signal can also added in
some embodiments. Both the single channel noise reduction
module 226 and the non-linear processing module 230 take
input signals from a single channel VAD module 228 and
232 respectively to generate a clean speech signal.

FIG. 3 illustrates an exemplary digital signal processor
300 for processing audio signals when in an automatic
speech recognition (ASR) mode. In the ASR mode, the
digital signal processor 300 is configured to detect a voice
command when there is not an active phone call. In such
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case, there is no voice signal being fed into the speaker and
it is not necessary to perform echo cancellation. In the digital
signal processor 300, the signals collected by the two
microphones, the front microphone 304 and the back micro-
phone 306, are fed into the ANC beamforming module 312
and the VAD beamforming module 314. The ANC beam-
forming module 312 generates a front-facing main beam and
an omni reference beam. Both beams are input into a
dual-channel adaptive noise cancellation module 316, after
which a single channel noise reduction module 320 and a
non-linear processing module 324, both coupled with a
single channel VAD module, 322 and 326 respectively, are
employed to produce a clean speech signal. The VAD
beamforming module 314 generates a front-facing beam and
a back-facing beam that are fed into a directional voice
activity detection module 318. The output from the direc-
tional voice activity detection module 318 indicates the
direction of the voice activity and is input into the dual
channel adaptive noise cancellation module 316.

FIG. 4 and FIG. 5. illustrate the beam forming mechanism
used in the ANC beamforming module and the VAD beam-
forming module. In FIG. 4, the two beams, 402 and 404,
generated by the ANC beamforming module 312 are shown.
The beam 402 is a front facing cardioid beam, which has a
null in the back-facing direction and a maximum facing
forward. The beam 402 comprises both desired voice signal
and noise. It is the main beam. The second beam, 404, is an
omni beam that is substantially devoid of voice signal. The
beam 404 is a reference beam that represents the background
noises and is used to cancel the noises in the main beam 402.
Both beams, 402, and 404, are fed into the noise cancellation
module 316 for noise reduction and cancellation.

In FIG. 5, the VAD beamforming module 314 generates
a front facing cardioid beam 502 and a back facing cardioid
beam 504. The front facing cardioid beam 502 comprises a
maximum at the front side of the beam and a null at the back
side of the beam. The back facing cardioid beam 504
comprises a null at the front side of the beam and a
maximum at the back side of the beam. Both beams, 502 and
504, are fed into the directional voice activity detection
module 318 for processing. As a skilled person in the art
would know, the directional voice activity detection module
318 may comprises various signal processing components
such as converters, filters, delay elements, adder, compara-
tor, etc. In some embodiments, the directional voice activity
detection module 318 is configured to generate a narrow
spotlight beam pattern that is indicative of the direction of
the voice activity.

In the above description, a microphone array of two
microphones is used as an example for illustration purposes.
However, the embodiments are not so limited. In alternate
embodiments, two or more microphones can be used to
generate beams. Generally, the microphones in a micro-
phone array are disposed proximally adjacent to each other.
For certain applications that involve human interface, the
separating distance between two adjacent microphones may
be in the range as small as 0.2 cm to lem. Other applications,
e.g., semiconductor acoustic devices, the separating distance
may be in the order of microns or sub-microns. While the
distance of two adjacent microphones is constraint by the
likelihood of cross interference between the elements, their
relative positions, e.g., whether the microphones face the
expected originating direction of a desired voice signal in
parallel or in series, are not as important as their respective
beam patterns.

In the above description, the term “microphone” is used
in describing various embodiments. It is noted that the
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6

principles and the theories disclosed herein are applicable to
embodiments in which different types of acoustic devices
other than microphones may be used in place of micro-
phones.

FIGS. 6-9 illustrates four more exemplary arrangements
of an array of acoustic devices or microphones.

FIG. 6 shows a bottom edge of a smart phone 600. On the
bottom edge of the smart phone are a 3.5 mm headphone
jack 606, a cable connector 608, e.g., USB cable, and an
array of built-in speakers 610. An array of microphones
comprising a front microphone 602 (close to the front side
of the smart phone) and a back microphone 604 (close to the
back side of the smart phone) are disposed on the bottom
edge of the smart phone in between the headphone jack 606
and the cable connector 608. The microphones 602 and 604
face the expected originating direction, i.e., the user who is
speaking into the front side of the smart phone, in series.

In FIG. 7, a rearview mirror 700 used inside a vehicle is
shown as comprising two microphone arrays. Each micro-
phone array, 702 or 704, comprises two microphones, 706
and 708, and disposed on one end of and at the lower edge
of the rearview mirror 700. The microphones 706 and 708
face the expected originating direction, a driver sitting in
front of the rearview mirror 700, in parallel.

In FIG. 8, a phone holder 800 is shown as holding a
smartphone. The phone holder 800 can be used inside a
vehicle to allow the driver to make or receive phone calls
hands-free. In this embodiment, the microphones 802 and
804 are disposed on the phone holder, not on the smart-
phone. The microphones 802 and 804 are arranged to face
the expected originating direction, i.e., the driver facing the
front face of the smartphone, in series.

FIG. 9 illustrates a microphone array 800 arranged on a
dashboard camera installed inside a car, e.g., on the dash-
board or windshield. The dashboard camera is in front of the
driver of the car. The microphone array 800 comprises two
microphones, 802 and 804. The microphone array 800 is
placed at the lower left corner of the dashboard camera and
the microphones, 802 and 804, are arranged to face the
expected originating direction, i.e., the driver facing the
dashboard, in series. In some embodiments, there may be
two microphone arrays, one on each lower corner of the
dashboard camera.

Although the disclosure is illustrated and described herein
with reference to specific embodiments, the disclosure is not
intended to be limited to the details shown. Rather, various
modifications may be made in the details within the scope
and range of equivalents of the claims and without departing
from the disclosure.

What is claimed is:

1. An audio system, comprising:

an array of one or more microphones in an end-fire

configuration, wherein the microphone array is located
on an edge of a smartphone and wherein the micro-
phone array is aligned along a line perpendicular to the
edge; and

one or more speakers; and

a dual-mode digital signal processor, including an echo

cancellation module and configured to operate in an
automatic speech recognition mode and a phone call
mode;

wherein each of the one or more microphones generates

an audio signal as an input to the dual-mode digital
signal processor; and

wherein the dual-mode digital signal processor detects

whether the audio system is in the automatic speech
recognition mode or the phone call mode and activates
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the echo cancellation module if the audio system is not
in the automatic speech recognition mode.

2. The audio system of claim 1, wherein the dual-mode
digital signal processor comprises a beamforming module,
and wherein the beamforming module is configured to 5
output two cardioid beams.

3. The audio system of claim 2, wherein one of the two
cardioid beams is a front facing main beam and one of the
two cardioid beams is an omni reference beam.

4. The audio system of claim 2, wherein one of the two 10
cardioid beams is a front facing main beam and one of the
two cardioid beams is a back facing beam.

5. The audio system of claim 1, wherein the dual-mode
audio processor further comprises an adaptive noise cancel-
lation module for cancelling environmental noise. 15

6. The audio system of claim 1, wherein the dual-mode
audio processor further comprises a voice activity detection
module for speech recognition.

7. The audio system of claim 1, wherein the dual-mode
audio processor comprises a double-talk detector module for 20
detecting voice signals from one or more speakers and
removing the detected voice signals from voice signals
collected by the end-fire microphone array.
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